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Summary 

This Report describes the development and technical specification of the 
NICAM 728 system for broadcasting digital two-channel sound with terrestrial television 
transmissions. NICAM 728 conveys two high-quality digitally-coded sound signals along 
with the picture and monophonic FM sound signals of the existing System I and Systems 
B, G and H terrestrial television transmission standards. 

The NICAM 728 system was developed initially by the BBC, and finalised in 
consultation with the IBA and BREMA. Tests have proved that the system is compatible 
with existing transmission standards; and that the digital sound signals are rugged and will 
be reliably received wherever the colour picture is satisfactory. 

In September 1986, the joint BBC/IBA/BREMA technical specification was 
approved by the United Kingdom Government for use in the UK with the System I 
television transmission standard. The system has been successfully adapted, with the 
minimum of modifications, for operation with television Systems B, G and H, which are 
used in much of Europe and elsewhere in the world As a result, NICAM 728 has 
attracted considerable international interest, and the system now forms the basis of a 
technical specification and recommendation from the European Broadcasting Union (EBU) 
with the CCIR having drafted a similar Recommendation. 
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NICAM 728 — DIGITAL TWO-CHANNEL SOUND FOR 
TERRESTRIAL TELEVISION 

AJ. Bower, M.A., Ph.D. 



1. INTRODUCTION 

1.1 NiCAM 728 — An overview of the 
system 

This Report describes the development of the 
NICAM 728 system for broadcasting digital two- 
channel sound with terrestrial television transmissions. 
NICAM is an acronym for Near-Instantaneously 
Companded Audio Multiplex; 728 refers to the bit 
rate of the digital sound data at 728 kbit/s. The 
system was developed by BBC engineers, in con- 
sultation with the IBA and representatives from the 
British Radio Equipment Manufacturers Association 
(BREMA), with development work starting in 1983. 
It is based upon a proposal made by BBC Research 
Department in 1978\ 

The system conveys two high-quality, digitally- 
coded sound signals along with the picture and 
monophonic FM sound signals of the System I 
television transmission standard which is used in the 
UK, and television Systems B, G and H, which are 
widely used throughout Europe and elsewhere in the 
world. 

The joint BBC/IBA/BREMA technical speci- 
fication of the NICAM 728 transmission standard for 
digital two-channel sound with terrestrial television, 
for use with System I television^ was approved by the 
United Kingdom Government in September 1986. 
Since then, broadcasters in the Nordic countries have, 
with assistance from BBC Research Department, 
successfully adapted the system for use with television 
Systems B/G, which are used in those countries and 
much of the rest of Europe. As a result, the 
NICAM 728 system is attracting considerable inter- 
national interest. The system now forms the basis of a 
technical recommendation from the European 
Broadcasting Union (EBU)^, which recommends that 
those members using television transmission Systems 
B, G, H, and I, who are planning to introduce 
digital two-channel sound with terrestrial television, 
should base their choice on the NICAM 728 system. 
The EBU have pubUshed the full technical specification 
for NICAM 728. The CCIR (Study Group 10) have 
drafted a similar Recommendation, which is expected 
to be ratified at the 1990 Plenary Assembly. 

Preliminary studies indicate that, with suitable 
modifications, the NICAM 728 system could also be 
used with other terrestrial television transmission 
standards currently in use throughout the world. 



such as System L (e.g. France), Systems D/K (e.g. 
China and Hungary) and Systems M/N (e.g. North 
America). 

1.2 Background history — design 
objectives 

For many years, there has been growing 
interest, world-wide, in enhancing television broadcasts 
by providing either stereophonic sound; or in the case 
of countries where several languages or dialects are in 
use, by providing dual-language sound. Indeed, the 
public has, for a number of years, already been able to 
experience stereo sound with television from 
programme material available on pre-recorded video 
cassette tapes and can receive multi-channel sound 
as part of the transmission systems for direct 
broadcasting by satellite (DBS) and cable distribution 
systems. 

In the UK, use has been made of the so-called 
Simulcast system, where stereo sound to accompany a 
television programme is broadcast via an independent 
VHF/FM stereo radio channel. Clearly, this is 
inefficient in terms of utilisation of broadcast signal 
spectrum and is, therefore, restricted to only those 
few programmes which are broadcast simultaneously 
on both television and radio. However, great care is 
necessary in order to ensure that the stereo sound 
signal sent via the FM radio channel remains 
in synchronization with the television picture through- 
out the broadcast chain. Also, the sound balance 
required to accompany a television picture is not 
necessarily the same as that required for a radio 
audience, where the listeners no longer have the 
benefit of the picture signal to help convey the 
programme information. 

In recent years, with the introduction of 
Compact Discs (CD), public awareness and acceptance 
of the benefits of high-quality digital audio has grown 
considerably. The sound quality available from these 
sources, via moderate cost consumer equipment, can 
be comparable to that available in the recording 
studio. The advent of Compact Disc technology has 
resulted in the availability of very large scale 
integrated circuits, capable of processing digital audio 
signals, at sufficiendy low cost to be used in consumer 
products. Therefore, it became apparent that, as one 
of, if not the most popular forms of home 
entertainment, terrestrial television broadcasts should 
be provided with the means to deliver high-quality 
multi-channel sound into the home. 
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This presented broadcast engineers in the UK 
with the challenge of devising a suitable method for 
broadcasting high-quality multi-channel sound along 
with the picture and monophonic sound of the existing 
UK System I terrestrial television transmissions. The 
system had to fulfil the conflicting constraints of 
compatibility and ruggedness. 

The introduction of any new sound signals, or 
modification to existing signals, must not result 
in unacceptable interference to the reception of either 
the picture and monophonic FM sound on existing 
receivers, which were not designed to receive these 
new signals; that is to say the system must be 
compatible. The system must also be rugged, in that 
the new sound signals must be reliably received 
on suitably equipped receivers anywhere within the 
service area of the transmitters; even when 
the received television signal is reasonably impaired 
due to low field strength reception or multipath 
propagation. 

With these objectives in mind, in the late 
1970's, the BBC started to investigate the feasibility of 



broadcasting multi-channel sound with terrestrial 
television in System I as used in the UK. Intensive 
studies started during 1981. After careful con- 
sideration of the alternative two-channel television 
sound systems* ' ^^ based on analogue signals, which 
were then available, it became apparent that a 
new digital system offered the best technical solution. 
The various alternative systems are summarised in 
Table 1. 

These analogue systems all suffered either from 
the effects of interference between the existing picture 
and monophonic sound signals and the additional 
signal components needed to convey two-channel 
sound, which compromised the compatibility of the 
systems, or from unacceptably poor ruggedness 
performance. Therefore, it was decided that a new 
digital two-channel sound system would be able to 
offer better performance, mth the advantage that the 
two high-quality digital sound channels would be 
independent of each other and also independent of the 
existing monophonic sound conveyed by the FM 
sound carrier. As a result, development of the 
NICAM 728 system was started in 1983. 



Table 1: Multi-channel terrestrial television sound systems considered by the BBC prior to the development of 

the NICAM 728 system. 



System 


Description 


Where used 


Pilot-Tone 


AM sub-carrier system modulating the existing 
mono FM carrier. (As in VHF/FM radio 
broadcasting.) 


Used in the USA (with noise 
reduction on the difference signal). 
BTSC/MTS system. 


FM/FM 


FM sub-carrier modulating the existing mono 
FM carrier. 


Used in Japan since 1978. 


Two-Carrier FM 


Additional FM sound carrier. 


Used in W. Germany, Holland, and 
Australia. 


Digital Systems 


Frequency Division Multiplex (FDM) — 
Additional sound carrier modulated by digitally 
encoded sound signals. 

Time Division Multiplex — Digitally encoded 
sound signals introduced in the vertical 
blanking interval of the vision signal. (As in 
Teletext.) 

Time Division Multiplex — Digitally encoded 
sound signals introduced in the horizontal 
blanking interval of the vision signal. (As in 
Sound-in-Syncs.) 


Used in the NICAM 728 system. 

Not used — capacity already used 
for Teletext and other services. 

Used in the BBC Sound-in-Syncs 
system for point-to-point distribution 
of sound signals. 
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SPECIFICATION 
SYSTEM 



OF THE NICAM 728 



small amount of 'additional data', at a bit rate of 
11 kbit/s. 



2.1 General description 

The NICAM 728 system uses a single, new, 
digitally-modulated carrier signal to convey two digital 
sound channels. The bit rate of the system is 
728 kbit/s and the data format has good commonality 
with that of the MAC/packet family of systems" 
agreed for direct broadcasting by satellite (DBS) in 
Europe. It will allow the viewer to receive either a 
single digital stereo sound channel or two independent 
digital monophonic sound channels, in addition to the 
normal picture and analogue monophonic sound 
signals of existing terrestrial television transmission 
standards. The system is capable of delivering sound 
signals with a quality which is comparable to that 
available from Compact Disc. 

The two digital sound channels are totally 
independent with, in theory, perfect separation between 
the two channels limited only by any cross-talk 
originating within the analogue circuitry prior to 
digitization and coding, or after decoding and digital- 
to-analogue conversion in the receiver. The 
NICAM 728 system is, therefore, ideally suited for use 
in countries requiring dual-language broadcasts, where 
any cross-talk between the two sound channels, as 
may be present in the various alternative analogue 
systems, would be a severe problem. 

The new digital carrier signal is separate from 
the existing analogue monophonic sound carrier. The 
system does not rely on any matrixing with the 
present monophonic signal in order to recover the two 
digital sound channels at the receiver. The system is 
completely compatible with the current terrestrial 
television transmission standards. That is to say, 
viewers with existing television receivers will continue 
to receive satisfactory pictures and monophonic sound 
when the digital signal is present, but will, of course, 
require new equipment designed specifically for 
reception of the NICAM 728 signal in order to receive 
the digital two-channel sound. 

When all, or part, of the data capacity of the 
NICAM 728 signal is not required for broadcasting 
digital sound, it can be used as a transparent data 
channel for transmitting binary data. There is also 
capacity within the system for transmitting a 



Extensive laboratory and over-air tests have 
proved the compatibility and ruggedness of the 
NICAM 728 system", and have optimised the choices 
of modulation system and baseband coding method 
that have been adopted. 

The main parameters of the NICAM 728 
System are given in Table 2. 

The only differences between the NICAM 728 
specification when used in the 8 MHz wide UHF 
channels of UK television transmission System I*, and 
the version intended for use with television Systems B, 
G and Hf, which are widely used throughout Europe 
and elsewhere in the world, are: 

(a) The frequency spacing of the additional digitally- 
modulated carrier from the vision carrier. 

(b) The data-shaping filtering applied to the digital 
signal. 

(c) The audio overload level of the digital system. 

The first two of these differences are necessary 
in order to accommodate the 728 kbit/s system within 
the confines of the narrower 7 MHz channels of 
television System B. Therefore, compared with the 
System I version of the NICAM 728 specification, the 
Systems B, G and H variant uses a smaller intercarrier 
spacing, and narrower bandwidth data-shaping filtering. 

There are four main stages involved in 
processing the sound signals for transmission via the 
NICAM 728 system. These are: 

(1) Analogue-to-digital conversion of the analogue 
sound signals. 

(2) Near instantaneous companding of the digital 
sound signals. 

(3) Multiplexing the sound data into a serial digital 
data stream. 

(4) Modulation of the data onto a new carrier 
signal. 

The first three of these processes are covered by 
the baseband-coding specification, and the fourth by 
the specification of the modulated RF carrier signal. 



In television System I, as used jn the UK in the UHF bands, the channel spacing is 8 MHz. with a video bandwidth of 5.5 MHz. using amplitude 
modulation of the vision carrier with lower vestigial sideband of 1.25 MHz. A monophonic sound carrier using frequency modulation is located at 
6.0 MHz above the vision carrier, at a level of —10 dB relative to the peak vision signal. 

In television Systems B, G and H, the channel spacing for System B in the VHF bands is 7 MHz; whilst for Systems G and H in the UHF bands, 
the channel spacing is 8 MHz. For both Systems B and G, the baseband signal format is the same. The video bandwidth is 5.0 MHz and the vision 
carrier is amplitude modulated with a lower vestigial sideband of 0.75 MHz A monophonic sound carrier using frequency modulation is located at 
5.5 MHz above the vision carrier, at a level of -13 dB relative to the peak vision signal. System H, used in Belgium, is identical to System G with 
the exception that the lower vestigial sideband of the amplitude modulated vision carrier is 1.25 MHz wide in System H, compared with a width of 
0.75 MHz in System G. 
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Table 2: Summary of the characteristics of the NIC AM 728 system for digital two-channel sound with terrestrial television. 



5. 
6. 



Specification of the digitally modulated carrier: 

i) Carrier frequency: 

ii) Carrier level: 

iii) Modulation: 

iv) Spectrum shaping: 

(overall with ideal receiver) 



Level of primary f.m. sound carrier 



Overall bit-rate: 

Sound coding characteristics: 

i) Pre-emphasis: 
ii) Audio overload level: 



iii) Sampling frequency: 
iv) Initial resolution: 
v) Companding characteristics: 

vi) Coding for compressed samples; 
vii) Number of coding ranges: 

viii) Number of protection ranges: 
ix) Error protection: 

x) Scale-factor signalling: 

3 bits per sound coding block (two 
blocks per frame) 

Bit interteaving: 

Energy dispersal scrambling: 



7. Frame format* 



System I: 6.552 MHz above the vision carrier. 

Systems B, G and H: 5.85 MHz above the vision carrier. 

—20 dB with respect to peak vision carrier level. 

Differentially encoded Quadrature Phase Shift Keying. 

System I: 100% cosine roll-off, split equally between transmitter 
and receiver (overall bandwidth of digital signal approximately 
728 kHz). 

Systems B, G and H: 40% cosine roll-off, split equally between 
transmitter and receiver (overall bandwidth of digital signal 
approximately 510 kHz) 

—10 dB with respect to peak vision carrier level in System I. 

— 13 dB with respect to peak vision carrier level in Systems B, 
G and H. 

728 kbit/s 



CCnr Recommendation J. 17. 

System I: + 1 4.8 dBuO at 2.0 kHz. * 

Systems B, G and H: +22.0 dBuO at 400 Hz. 

(equivalent to +12.5 dBuO at 2.0 kHz) 

32 kHz 

14 bits/sample 

Near instantaneous (NI), with compression to 10 bits per 
sample in 32-sample (1 ms) blocks. 

2's complement. 

Signalled by 3-bit Scale Factor Code. 

[7 

One parity bit added to each 10-bit sample to check the six 
most significant bits (parity bit modified for scale factor 
signalling) 

By modification of 9 parity bits per scale factor bit, detected by 
majority logic decision. 

44 X 16. Frame alignment word not interleaved. 

By modulo-two addition of a pseudo-random binary sequence 
of length 2* — 1 bits, synchronously with the multiplex frame. 
Frame alignment word not scrambled. 

728 bits per (1 ms) frame with 8-bit frame alignment word. 



* dBuO is the audio level which, for a signal at standard level in accordance with BBC practice, is 0.775 V r.m.s. 
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2.2 Baseband coding specification 

2.2.1 Main features of the baseband coding 
specification 

The system allows for the transmission of two 
sound signals, either as a single stereo channel, or as 
two independent monophonic channels suitable for 
dual-language broadcasts. There are also options for 
broadcasting data with, or without, a single 
monophonic digital sound channel, giving a trans- 
parent data channel capacity of 352 kbit/s or 
704 kbit/s respectively. However, the format of the 
transparent data is, as yet, unspecified. Table 3, below, 
summarises the four possible modes of application for 
which the NICAM 728 signal can be used. The 
application mode in use at any given time is signalled 
to the receiver by means of three 'Application Control 
Bits' Ci, C2, C3, which form part of the NICAM 728 
frame structure and are described in detail in Section 
2.2.4.2. 



level protected signals, the 728-bit frames of 
NICAM 728 data comprise 704 bits of coded sound 
sample data, see Fig. 1. 

The first 23 bits of a 751 -bit MAC packet 
forms a packet header, which is not needed in the 
non-packet synchronous data multiplex of NICAM 728 
and was, therefore, simply discarded. The next 24 bits 
in a MAC packet are allocated to control information; 
whereas in the NICAM 728 specification these are the 
first 24 bits of the frame structure, and are used for 
decoder synchronization and control information along 
with some additional data signalling capacity. In 
common with the MAC packet specification, the 
remaining 704 bits of the NICAM 728 frame 
comprises coded sound sample data. This gives a total 
of 728 bits to be transmitted in each frame, every 
millisecond. 

During the development of the NICAM 728 
specification the receiver industry urged for maximum 



Table 3: Application of 704-bit sound/data blocks with corresponding 
'Application Control-Bits' Cu Cz, C3. 



Application Control 
Information 


Contents of 704-bit sound/data block 


C, C2 


C3* 










Stereo signal comprising alternate A-channel and 
B-channel samples 


1 





Two independent mono sound signals (designated 
Ml and M2) transmitted in alternate frames 


1 





One mono signal and one 352 kbit/s transparent 
data channel transmitted in alternate frames 


1 1 





One 704 kbit/s transparent data channel 



Cj = 1 provides for signalling additional sound or data coding options. 

When €3=1, NICAM 728 decoders not equipped for these additional options should 

provide no sound output. 



The theoretically perfect separation of the two 
sound signals, inherent to the digital system, is limited 
only by any cross-talk in analogue circuitry before the 
digital coder or after the decoder in the receiver. This 
makes the system ideal for dual-language applications, 
or for high-fidelity stereophonic sound. 

An important feature of the system is that the 
baseband coding of the digital sound signals has good 
commonality with that of the MAC/packet family of 
systems which have been agreed for DBS broadcasting 
in Europe^ ^. In common with the 751 -bit data packets 
of the MAC/packet specification for companded first- 



commonality with the MAC/packet family of systems. 
They could then draw upon any experience gained in 
developing circuits for MAC; or it could allow the use 
of dual-function devices capable of decoding both 
terrestrial NICAM transmissions and DBS MAC 
transmissions. However, to date, all integrated circuit 
manufacturers have developed dedicated very large 
scale integrated (VLSI) circuits specifically for the 
NICAM 728 system. 

The sound/data multiplex and sound coding 
used are identical for both the System I and the 
Systems B, G and H versions of NICAM 728. 
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MAC/packet 
- 751 bits - 



header 


PT 


unallocated 


sound data coding block 



23 bits — H8 bitsHl6 bitsH 



704 bits 



l8 bitsHiGbitsH 



FAW 



control etc. 



sound data coding block 



h 



728 bits 



NICAM 728 frame 
Fig. I - Commonaiity between the MAC packet and the NICAM 728 frame structures. 



2.2.2 Analogue-to-digital conversion 

Audio signals on each of the two sound 
channels are, after pre-emphasis according to CCITT 
Recommendation J. 17 (see Fig. 2), sampled to 14-bit 
resolution, at a sampling rate of 32 kHz. These 14-bit 
samples are coded in 2's complement form, with an 
audio overload level specified as +14.8 dBuO* at a 
frequency of 2.0 kHz for System I transmissions; or 
+22.0 dBuO at a frequency of 400 Hz in Systems B, 
G and H. It is important to specify the frequency, as 
the overload level is frequency dependent due to the 
J. 17 pre-emphasis applied to the analogue input 
signals. 

The use of CCITT Recommendation J. 17 pre- 
emphasis before the sound signals are digitised and 
subsequently companded, and then at the receiver 
where, after being expanded and converted back into 
analogue form, the sound signals undergo the 
corresponding de-emphasis, has been found to signifi- 
cantly reduce the audibility of progranmie modulated 
noise. This makes use of the fact that the spectrum of 
typical programme signals contains less power at high 
audio frequencies than at low frequencies. By 

dBuO is the audio alignment level which, for a signal at standard 
level in accordance with BBC practice, is 0.775 V r.m.s. 



artificially boosting the high frequency signal com- 
ponents for transmission and then reducing their level 
appropriately at the receiver, the original audio signal 
spectrum is correctly restored. However, any sub- 
jectively annoying high-frequency noise signal originat- 
ing during the processes of anaJogue-to-digital (A-D) 
conversion, companding, decompanding and digital-to- 
analogue (D-A) conversion, is attenuated relative to 
the wanted programme signal, thereby improving the 
signal-to-noise performance of the system. 

In accordance with the Nyquist theorem", the 
analogue-to-digital conversion of the sound signals 
requires a sampling frequency of at least twice the 
highest audio-frequency component of the sound 
signals, otherwise aUasing will occur. A sampling 
frequency of 32 kHz was chosen for NICAM 728, so 
as to achieve good conmionality with the digital audio 
standards of both point-to-point television sound 
contribution and distribution circuits, and with the 
MAC/packet family of systems. In order to prevent 
aliasing, the spectral content of the sound signals is 
bandlimited using 15 kHz low-pass filters at the inputs 
to the A-D converters. 

The initial coding accuracy required for the 
analogue-to-digital conversion process is, necessarily, a 



m 
"a 







I 10 
i 15 



20 






3 5 7 102 



3 5 7 10^ 3 5 7 lO'' 

frequency, Hz 
Fig. 2 - CCUT J. 17 pre-emphasis characteristic. 
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compromise between the conflicting constraints of 
having sufficient accuracy to avoid unwanted 
distortion, whilst achieving an overall data rate that, 
after bit-rate reduction has been applied, can be 
transmitted within the channel data capacity that is 
available. 

For high-quaUty digital audio, an initial coding 
accuracy of at least 14 bits per sample is required to 
give a sufficiently accurate digital representation of the 
analogue sound signals. If less than 14 bits are used 
then the resulting quantisation errors will become 
audible, sounding like random noise added to the 
wanted signal. However, at very low programme 
levels, the quantisation errors would impart a 'gritty' 
noise component to the analogue sound signals when 
reproduced at the receiver, known as 'granular 
distortion'. 

The 14-bit coding accuracy adopted for 
NICAM 728, with 32 kHz sampling on two audio 
channels gives an initial data rate of nearly 1 Mbit/s. 
This does not include any of the additional overheads, 
in terms of data rate, that are essential for conveying 
synchronization, control and error protection informa- 
tion to the receivers. Use of a bit-rate reduction 
technique is, therefore, necessary in order to reduce 
the transmitted data rate to manageable proportions. 
For this, the established technique of near instanta- 
neous (NI) companding is used. 

An additional difference between the System I 
specification and that of the Systems B, G and H 
variant exists in the baseband coding specification of 
the audio overload level. The audio overload level is 
defined as the sound signal level which just causes the 
analogue-to-digital converter to generate the maximum 
14-bit codes, which in 2's complement form are 
Ollillllllllll for positive signal samples and 
10000000000000 for negative samples. In the UK, at 
least, it is envisaged that the sound signals will not be 
processed by any audio limiter circuits prior to the 
NICAM 728 coders, in order to control peak 
programme sound levels. Under these conditions, 
operational experience has shown that an audio 
overload level of +14.8 dBuO at a frequency of 
2.0 kHz is optimum to give the necessary compromise 
between sufficient signal headroom to prevent 
unwanted clipping and distortion of the signal, whilst 
maximising the usage of the dynamic range available 
from the digital signal. Hence, for the 1988 revised 
edition of the System I NICAM 728 specification^ the 
audio overload level has been specified as such. 
However, the specification for use with television 
Systems B, G and H^, retains the previous value for 
the overload level, which was originally specified 
simply as being +12.0 dBuO. This was in common 
with the specification for digital sound coding in the 



MAC/packet family of systems. The frequency at 
which this overload level was applicable, 2.12 kHz, 
was to be inferred, in both the original NICAM 728 
specification and in the MAC/packet specificafion, by 
being the frequency at which zero gain/attenuation 
occurs when the J. 17 pre-emphasis characteristic is 
specified as having 6.5 dB attenuafion at 800 Hz. 
Thus, allowing for the frequency dependence of the 
J. 17 pre-emphasis, the overload level in the Systems 
B, G and H version is now specified as being 
+22.0 dBuO at a frequency of 400 Hz, which is 
equivalent to +12.5 dBuO at 2.0 kHz. 

2.2.3 Near-instantaneous companding 

2.2.3.1 14-10 NI companding 

Near-instantaneous (NI) companding^*- ^*, with 
associated error protection, identical to that defined for 
companded, first-level protected signals in the C-, D- 
and D2-MAC specifications, is used to compand the 
samples from 14 bits to 10 bits (see Fig. 3). 

The companding process involves compressing 
the sound signals prior to transmission, and then 
expanding the companded samples at the receiver. As 
signal compression and subsequent expansion at the 
receiver are performed in the digital domain, the coder 
and decoder can be exactly matched, thus avoiding 
any mistracking and resulting distortion of the audio 
signals. 

The 14-bit samples from each audio channel 
are partitioned into separate sound-coding-blocks of 32 
samples, corresponding to a 1 ms segment of sound, 
and the amplitude of the largest sample value in each 
block is found. It is this largest sample that determines 
the amount of companding, and hence the coding 
range, applied to all the data from that audio channel 
within that particular block. The amount of com- 
pression is such, that for the largest sample, only the 
ten most significant, non-redundant, bits of the sample 
are transmitted. Fig. 3 shows the coding of the 
companded signals. There are five companding coding 
ranges, which are signalled to the receiver by means of 
a 3-bit scale-factor code. For sound-coding-blocks in 
which the amplitude of the largest sample is up to one 
sixteenth of the maximum possible amplitude (Coding 
Range 5), the only processing performed is to truncate 
all the samples in the block to ten bits by removing 
the four next-to-most significant bits of the sample. 
For this range of sample values, these four bits are 
redundant and serve only as an extension of the 2's 
complement sign-bit for each sample and can, 
therefore, be removed without any loss of the initial 
14-bit coding accuracy or increase in granular 
distortion. The most significant bits, which are needed 
to identify the polarity of the samples, are always 
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Fig. 3 - Coding of componded digital sound signals. 



transmitted whatever the ampUtude of the signal being 
coded. Sound-coding-blocks where the largest sample 
is up to one eighth of the maximum 14-bit amplitude 
(Coding Range 4) are companded by truncating the 
least significant bit of the sample and removing the 
three next-to-most significant bits which are, as before, 
just an extension of the sign bit. Hence samples in this 
range are transmitted with 13-bit coding accuracy. 
Similarly, those blocks with samples up to one quarter 
of full amplitude (Coding Range 3) are transmitted 
with 12-bit accuracy; blocks containing samples up to 
one half full amplitude (Coding Range 2) are 
transmitted with 11 -bit accuracy; and blocks containing 
samples greater than one half full amplitude (Coding 
Range 1) are transmitted with only 10-bit coding 
accuracy. 

All companding systems, whether analogue or 
digital, add some programme-modulated noise to the 
signal. Large amplitude audio signals are accompanied 
by more programme-modulated noise than small 
signals, and the companding process relies upon the 



fact that the programme signal will mask this noise at 
the higher levels. 

Fig. 4 shows the signal-to-quanUsation noise 
characteristic of the near-instantaneous companding 
system used in NICAM 728. The four 'gear-changes' 
of 6 dB in the signal-to-noise ratio are clearly shown 
as the system moves through the five companding 
ranges. 

Near-instantaneous companding reduces the 
audio signal data rate from around the 1 Mbit/s that 
would be required if the initial 14-bit sampling 
accuracy was retained, to a more manageable bit rate 
of only 704 kbit/s (sixty-four 10-bit samples each 
with an additional parity bit). This reduced bit rate 
can then be accommodated within the constraints of 
the limited spectral bandwidth available for the digital 
signal within the television channel. 

The coding range information, indicating the 
level of companding applied to all 32 samples from 
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one channel within each 1 ms sound coding block, is 
signalled to the receiver by means of a 3-bit scale- 
factor code, see Table 4. This code is conveyed to the 
receiver by modifying the status of some of the parity 
bits in the sound samples within each block, using the 
technique of Signalling-in-Parity, as described in 
Section 2.2.3.3. 

Use of a 3-bit scale-factor code, giving eight 
possible codes, to signal only five companding ranges 

Table 4: Coding and protection ranges 
with associated scale-factor codes. 



Coding 
Ranges 


Protection 
Ranges 


Scale Factor Value 
R2 Ri Ro 


1st range 


1st range 


1 1 1 


2nd range 


2nd range 


1 1 


3rd range 


3rd range 


1 1 


4th range 


4th range 


1 1 


5th range 


5th range 


1 


5th range 


6th range 


1 


5th range 


7th range 


1 


5th range 


7th range * 






It would be possible to add a further protection range; 
however the last scale factor code indicates "7th protection 
range" (not 8th) in order to maintain maximum 
commonality with MAC/packet systems. 



results in extra signalling capacity being available to 
convey additional information to the receiver. This capa- 
city is utilised by dividing Coding Range 5 into three 
sub-ranges or protection ranges (see Fig. 3, Table 4), 
making a total of five coding ranges and seven 
protection ranges. This affords additional protection to 
the samples when the original input signals are at low 
level so that the corresponding sample values lie 
within Coding Range 5 and are up to one thirty- 
second of fixll amplitude (Protection Ranges 6 or 7). 

When the largest signal in the sound coding 
block is less than one sixty-fourth of full amplitude, 
then Protection Range 7 is used and the state of the 
three most significant bits of each 10-bit companded 
sample must all be the same, i.e. OOOXXXXJOtX or 
lllXXXXXXX (where X represents either a 1 or a 0). 
At the receiver, if within a given sample they are not 
the same, due to an error occurring somewhere within 
these bits during transmission, then the decoder can 
perform a majority-logic decision upon the three most 
significant bits to determine what the most likely state 
should be, and correct the sample accordingly. This, of 
course, assumes that in the presence of bit errors, the 
three most significant bits are more likely to be 
corrupted by only a single error, which is a reasonable 
assumption given the statistics of random errors and 
the additional protection against bursts of bit errors 
provided by the use of bit-interleaving (see Section 
2.2.4.5). 

Similarly, if the value of the largest sample in 
a sound coding block is less than one thirty-second of 
full amplitude but greater than one sixty-fourth of full 
amplitude, then Protection Range 6 is used. In this 
case, the state of the third most significant bit of the 
companded sample must be opposite to that of the 
first two most significant bits, i.e. OOIXXXXXXX or 
llOXXXXXXX. If due to corruption of a given 
sample this is not the case, then the decoder in the 
receiver can correct the data by making a logical 
decision as to what is the most appropriate value for 
the first three bits of the sample, or conceal the 
erroneous sample. Hence, the signaUing of protection 
ranges gives some extra protection against errors in 
addition to that provided by means of the simple 
parity check described in Section 2.2.3.2. 

It should be noted that, in order to maintain 
commonality with the MAC/packet specification, for 
the 7th protection range within the 5th companding 
range, there are two equally valid scale-factor codes: 
0,0,0 and 0,0,1. When the audio data lies within this 
protection range, decoder circuits should react identi- 
cally, irrespective of which of these two codes is used. 

2.2.3.2 Error protection 

A single parity bit, protecting the six most 
significant bits (MSBs) of each 10-bit companded 
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sample and based on even parity (modulo-2 sum 
of the 6 MSBs and the parity bit is always 0), is 
included with each sample to form an 11 -bit sample 
word. 

At the decoder, after any scale-factor informa- 
tion has been extracted, as described below in Section 
2.2.3.3, the parity check is performed by recalculating 
the parity based on the state of the six MSBs of the 
sample as received, and then comparing this result 
with the received parity-bit. Any difference between 
the status of the received parity bit and the 
recalculated parity indicates that a data error has 
occurred during transmission. Such a simple parity 
check cannot, however, identify which particular data 
bit, out of the six MSBs and the transmitted parity bit, 
is in error. Nor can it detect double or an even 
number of multiple bit errors in one sample. Since bit- 
interleaving is applied to the serial data stream (see 
Section 2.2.4.5.), then, in any one sample, single errors 
are much more likely than multiple errors, even when 
the serial data stream is severely corrupted by bursts 
of errors up to 16 bits in duration. 

Protection of just the six MSBs has been 
shown during subjective listening tests to be adequate 
for companded sound systems of this type. Errors in 
the least significant bits are usually not annoying and 
it is better, therefore, to leave them unprotected in 
order to afford greater protection for the MSBs. At the 
receiver, if the parity check for a given sample 
indicates that it contains an odd number of bit errors 
then an error concealment correction strategy can be 
implemented, such as simple replacement of the 
erroneous sample by an interpolated sample value 
calculated from adjacent samples. Whilst not perfect, 
simple linear interpolation to replace enoneous 
samples gives good subjective results. For example, 
without concealment, the impairment resulting 
from random errors was judged to be Grade 3 
(slightly annoying) on the CCIR 5-point quality scale, 
at a bit-error ratio of approximately 2 in 10^ 
Whereas, with concealment, the same impairment 
does not occur until the bit-error ratio exceeds 1 in 
lO'. In terms of carrier-to-noise ratio, error 
concealment is equivalent to an effective improvement 
of approximately 2 dB. 

2.2.3.3 Signalling-in-Parity 

Each companding block, comprising the 32 
sound samples corresponding to 1 ms of audio signal 
from one sound channel, has a 3-bit scale-factor code 
associated with it to indicate the level of companding 
in use for that block of data. Since each 728-bit frame 
of serial data comprises two companding blocks, two 
3-bit scale-factor codes must be transmitted for each 
1 ms frame of data. 



The parity bits in 54 of the 64 sound samples 
in each frame are modified in order to convey the six 
bits of companding range information applicable for 
the two companding blocks of sound data in that 
frame. This is achieved, without the need for any 
additional data bits, by using the technique of 
'Signalling-in-Parity'^^ where the scale-factor bit to be 
conveyed by a given sound sample is added modulo-2 
to the existing parity bit of that sample for 
transmission. Signalling-in-Parity exploits some of the 
redundancy inherent in the parity bits and the fact that 
it is unlikely that the majority of samples in a small 
group of samples will contain errors. 

For a given companding block, 27 samples are 
used to convey the appropriate 3-bit scale-factor code; 
nine samples per scale-factor bit. Since, as described in 
Section 2.2.4.1, the 728-bit frame format differs 
depending on the application of the NICAM 728 
signal, i.e. stereo, dual-mono (dual-language), mono + 
data, etc., then the distribution of the scale-factor bits 
amongst the 64 samples of the frame differs 
accordingly, see Figs. 5(a) and 5(b). However, the 
underlying principle is the same, irrespective of the 
application mode in use. 

The scale-factor bit to be conveyed by a given 
sample is added, modulo-2, to the existing parity bit of 
that transmitted sample. Each group of nine samples is 
allocated to one of the three scale-factor bits. At the 
receiver, the NICAM 728 decoder can recalculate 
what the parity bit of the received sample should be, 
and remove that information from the received parity/ 
scale-factor bit leaving a value for just the scale-factor 
bit. Therefore, the decoder can then make a majority- 
logic decision based on the nine received values for 
each scale-factor bit to determine their true state. This 
information is then removed from the received 
parity/scale-factor bits, in order to recover just the 
parity of the sound samples as originally transmitted. 
These can then be directly compared with the 
corresponding parity values as recalculated from the 
received samples, for the purpose of error detection. 

Signalling-in-Parity is very robust because five 
or more of the nine samples within the group assigned 
to each scale-factor bit must contain errors before a 
wrong majority-logic decision is made, by the decoder, 
on the state of that scale-factor bit. For example, at a 
bit-error ratio of 5 in 10\ corresponding to a received 
signal near the limits of acceptable reception, the 
average interval between scale-factor errors is 33 
seconds". Robustness is extremely important, as scale- 
factor errors can produce loud 'clicks' in the audio 
output signals, which are subjectively very annoying. 

The penalty paid for using the redundancy 
inherent in the parity bits is to weaken slightly the 
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P'l = P|©R2A for i = 1, 7,13,19,25,31,37,43,49 
P'i = PieRiA for i = 3, 9,15,21,27,33,39,45,51 
P'i = Pi©RoA for i = 5,11,17,23,29,35,41,47,53 

P'i = Pi © R2B for i =2, 8, 14, 20, 26, 32, 38, 44, 50 
P'i = Pi ©Rib for i = 4,10,16,22,28,34,40,46,52 
P'i = Pi ©Rob for i = 6,12,18,24,30,36,42,48,54 

Where (R2A. Ria, Roa) and (R2B, Rib. Rob) are the two, 3-bit 
scale-factor codes corresponding to the A and B sound 
channel companding blocks conveyed by a single frame in the 
stereo application mode. 

(a) 



P'i = Pi©R2n fori = 1, 4, 7,10,13,16,19,22,25 

P'i = Pi®Rin for i = 2, 5, 8,11,14,17,20,23,26 

P'i = Pi ©Ron fori = 3, 6, 9,12,15,18,21,24,27 

P'i = Pi®R2n+i for i = 28,31,34,37,40,43,46,49,52 

P'i = Pi©Rin+i for i = 29,32,35,38,41,44,47,50,53 

P'i = P|®Ron+i for i = 30,33,36,39,42,45,48,51,54 



Where (R2n, Rm, Ron) and (R2n+i, Rin+1, Ron+i) are the two, 3-bit 
scale-factor codes corresponding to the n th and (n+1) th 
companding blocks from one sound channel conveyed by a 
single frame in the dual-mono application mode. 

(b) 



Fig. 5 - Modification of the sound sample parity bits to convey scale-factor codes using Signalling-in-Parity. 
(a) Stereo application mode, (b) Dual-mono application mode. 

Pi = Parity bit of the i th sample in the companding block. 

P'i = Parity bit of the i th sample in the companding block after modification to convey scale-factor information. 

© = Process of modulo-two addition. 



errors. 

2 



protection they provide against sample 
However, for bit-error ratios of better than 1 in 10^ 
which represents the practical Umit of a NICAM 728 
service, the resulting degradation is negligible^®. 

2.2.3.4 The 'CI' bits 

Irrespective of the application mode in use, the 
parity bits of the last ten out of the 64 samples in each 
frame do not have their parity bits modified to signal 
scale-factor information to the receiver. In order to 
maintain commonality with the MAC/packet specifica- 
tion"- Section 6.2.3 ^^^ g^j„ ^^ gj^f^^ 2 kbit/s of data- 

signalling capacity, some broadcasters in the Nordic 
countries have proposed that the parity bits of these 
last ten samples are also modified using SignaUing-in- 
Parity in order to convey two extra bits of information 
per frame. This would simplify the process of 
transcoding sound signals from a satellite-derived 
MAC transmission for subsequent terrestrial distri- 
bution on a cable network as a PAL signal with 
NICAM 728 digiUl sound. Within the MAC/packet 
specification these two bits are referred to as the 
binary control information bits, or CIBs. This 
nomenclature is retained in the NICAM 728 speci- 
fication^ despite the fact that these bits may be used 
for non-specific data transmission. 

The two CIBs are signalled by modification of 
the parity bits of the last ten samples in exactly the 
same way as the scale-factor information is conveyed 
by the first 54 samples in the frame. The parity bits of 
five samples are used to convey each CIB. At the 
receiver a majority-logic decision is taken to determine 
the state of each CIB, and restore the transmitted 



parity values appropriate to each of the samples, to 
allow detection of bit errors. If Pi is the true parity of 
the ith sample, then the transmitted parity status for 
that sample P'i is given by: 



Pi'=Pi © cm, 

P'=R © CIB, 



fori = 55,56,57,58,59 
for i = 60, 61, 62, 63, 64 



At present, the BBC has no plans to use the 
CIBs for data signalling. Therefore, the transmitted 
parity bits of these samples 55 to 64 indicate the true 
parity status of these samples, equivalent to 
CIBi — CIB2 = 0. In order to function correctly 
with all NICAM 728 transmissions, irrespective of 
whether the CIBs are being used for data signalling, 
decoder circuits should be designed to respond to this 
situation where effectively a "don't care" condition is 
imposed upon the status of the two CIBs. 

2.2.4 Multiplexing 

2.2.4.1 NICAM 728 frame structure 

With error protection, framing, and control 
information the total bit rate is 728 kbit/s. The 
transmitted serial data are partitioned into 728-bit 
frames, which are transmitted continuously without 
gaps. One frame is transmitted every millisecond. 

Each 728-bit frame comprises: 

8-bit Frame Alignment Word: 8 kbit/s 

5 bits for Control Information: 5 kbit/s 

1 1 bits for 'Additional Data': 1 1 kbit/s 

704 bits of sound/data bits + parity: 704 kbit/s 
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The frame structures for conveying stereo and 
mono sound signals are shown in Figs. 6(a) and 6(b). 
These two different frame structures are used to 
accord with those specified in the MAC/packet family 
of systems, in which different services are conveyed by 
separate distinct packets. 

In each 728-bit frame, the first eight bits 
comprise a frame-alignment word (FAW) which is 
required to enable the NICAM 728 decoder in a 
receiver to synchronize to the transmitted frame 
structure. The frame-alignment word used is 01001110, 
where the left-most bit is transmitted first. 



The 720 bits which follow the firame-ahgnment 
word form a structure identical with that of first-level 
protected, companded sound-signal blocks in the 
MAC/packet systems. 



2.2.4.2 Control information 

The frame-alignment word is followed by five 
control bits, Co to C4. 

Control-bit Co, is set to 1 for eight successive 
frames, and to for the next eight frames, defining a 
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Fig. 6 - Structure of a 728-bit frame (before interleaving): 
(a) For a stereo sound signal (b) For a mono sound signal 
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16-fraine sequence. The purpose of the Co bit is 
three-fold: 

(a) The 16-frame sequence is used to synchronize 
changes in the type of information being 
conveyed by the digital signal, i.e. stereo, or 
two independent mono channels, or mono plus 
binary data, etc. A change of application 
mode, as signalled by the appUcation control 
bits Ci, C2, C3, can only occur on the low-to- 
high transition of the 16-frame, Co control-bit 
sequence. The application control bits change 
state, to signal the new application, 16 frames 
in advance of the actual change of application 
mode. This allows NICAM 728 decoders in 
the receivers sufficient time to reconfigure 
themselves in order to handle the different data 
formats of the various application modes. 

(b) The Co control-bit sequence is needed as part 
of the frame synchronization system because 
there is a high probability of the 8-bit frame- 
alignment word being mimicked by data in the 
728 kbit/s serial bit stream. This would cause 
problems for decoders trying to synchronize to 
the 728-bit frame structure purely on the basis 
of the frame-alignment word alone. For 
example, taking the extreme case that would 
result if true 'digital silence' is transmitted, 
where the sound sample data comprise all 
zeros, then after energy-dispersal scrambling 
(Section 2.2.4.5), the resulting NICAM 728 
serial bit-stream is repetitive and in every 
frame contains four spurious occurrences of the 
frame-alignment word bit sequence, in addition 
to the true frame-alignment word. Therefore, a 
NICAM 728 decoder trying to synchronize to 
the frame structure whilst digital silence is 
being sent, on the basis of detecting the frame 
alignment word bit-sequence alone, cannot 
distinguish between the true and spurious 
frame-alignment words and is highly likely 
to obtain a false lock to the frame structure 
of the incoming bit-stream. As such, once 
a false lock is obtained the decoder can 
only detect this error and re-synchronize if the 
audio data changes so as to significantly 
disrupt the repetition of the sequence of 
spurious frame-alignment words. In the more 
general case, changing audio input signals 
would result in random occurrences of the 
spurious frame-aligmnent words, with only the 
true frame-aUgnment word being repeated once 
per frame, at regular intervals every 728 bits. 
In which case, depending on the particular 
synchronization strategy implemented in a 
given decoder circuit, then receivers may take 
an unacceptable length of time, of up to 



several seconds, in order to obtain correct 
synchronization to the received frame structure. 

However, real digitised sound signals, or data, 
are very unlikely to correctly mimic both the 
frame-alignment word and the 16-frame 
Co control-bit sequence. Therefore, if the 
NICAM 728 decoder checks for both the 
correct 8-bit frame-alignment word and 
16-frame sequence of the Co bit, then the 
decoder will reliably synchronize to the 
received frame-structure, in the minimum 
period of time. 

(c) The Co control-bit sequence distinguishes 
between odd-numbered and even-numbered 
frames. This is important when the NICAM 728 
signal is being used to transmit two independ- 
ent mono sound signals, designated as 'Ml' 
and 'M2' in the dual-mono application mode; 
or a single mono sound signal. Ml, and 
352 kbit/s of transparent binary data, in the 
'mono + data' application mode. In these 
modes, the Ml sound signal is always 
transmitted in the odd-numbered frames, with 
the M2 sound signal or the transparent data 
being transmitted in the even-numbered frames. 
Therefore, a decoder must be able to easily 
identify between odd- and even-numbered 
frames in order to correctly attribute data 
within a given frame to the appropriate sound 
or data signal. 

This is achieved using the Co control-bit 
sequence. The first frame within the sequence, 
with Co = 1, is defined as being Frame 1 and 
is, therefore, odd; hence the last frame in the 
sequence with Co = is Frame 16, and is 
even. 

The 'Application Control-bits', Ci, C2, C3, 
signal to the decoder which mode of operation is in 
use, for example stereo, or two independent mono 
channels (dual-language), etc., as described previously 
in Table 3 of Section 2.2.1. This allows the decoder to 
configure itself correctly in order to handle the data 
format appropriate to the current application mode. 

The 'Reserve Sound Switch Flag', control-bit 
C4, is used to indicate to the decoder when the FM 
monophonic sound signal is carrying the same 
programme material as either the digital stereo signal, 
or the Ml digital mono signal when two independent 
mono signals (Ml and M2) or (Ml mono 
+ 352 kbit/s transparent data) are being transmitted. 
When this is the case, C4 is set to 1. In the event of 
the digital signal failing, or being unreceivable, and the 
Reserve Sound Switch Flag is set to 1, then the 
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receiver is allowed to switch to a reserve mode of 
operation, where the FM mono sound signal is used to 
provide the audio output until the digital signal is 
restored. If C4 is set to 0, then this indicates that the 
FM sound is not carrying the same programme 
content as the NICAM 728 signal and, therefore, 
should not be used as the reserve sound source. 

2.2.4.3 Additional data 

The control bits are followed by eleven 
'Additional Data' bits. These are reserved for future 
applications which, along with the format of this 
additional data, are as yet unspecified. However, it is 
conceivable that this data transmission capacity could 
be used, for example, as part of a conditional access 
scrambled version of NICAM 728, or for some other 
data signalling application. 

2.2.4.4 Sound/data biocl( 

The final 704 bits in the 728-bit frame 
structure comprise sixty-four, 11 -bit sound sample 
words (10-bit sound sample and parity-bit). When the 
digital signal conveys stereo sound, each frame 
contains 32 sample words from each of the two sound 
channels of the stereo signal, A (left) and B (right). 
These are interleaved within the 728-bit frame, so that 
before bit-interleaving and scrambling are applied to 
the serial bit stream, alternate samples are from 
different channels, i.e. A,B«A,B,...A,B, see Fig. 6(a). 
When the digital signal is used to transmit two 
independent mono signals Ml and M2, each 728-bit 
frame, of 1 ms duration, contains 64 sample words 
from just one of the mono sound signals, corresponding 
to 2 ms of actual sound signal data, see Fig. 6(b). In 
this mode, alternate frames convey data from the two 
audio channels. Ml and M2. When the digital signal 
is used to send a single mono signal Ml with a 
352 kbit/s transparent data channel the frame structure 
adopted is similar to that used for broadcasting two 
monophonic signals in the dual-mono mode, with the 
binary data replacing the M2 mono sound signal. The 
Ml mono signal is conveyed by the odd-numbered 
frames; with the M2 signal or transparent data sent in 
the even-numbered frames, where the 16-frame Co 
control-bit sequence defines odd- and even-numbered 
frames. 

The two different frame structures are used to 
give good commonality with the MAC/packet 
systems, so that information for different services is 
conveyed in separate frames. Hence data for each 
mono (or transparent data) channel are transmitted in 
a separate frame. However, when a stereo signal is 
transmitted the data for left (A) and right (B) channels 
belong to the same service. Therefore, in order to 
maintain the correct phase relationship between the 



left and right channels, not only must the two 
analogue signals be sampled simultaneously, but also, 
the data must be sent within the same 728-bit frame. 



2.2.4.5 Bit-interleaving 

Bit-interleaving is applied only to the 704 bits 
of sound data in each frame in order to minimize the 
effects of multiple-bit errors, see Fig. 7. After 
interleaving, adjacent bits in the transmitted serial data 
stream no longer belong to the same sample word. 
Indeed, in the transmitted data stream, bits from the 
same sample word are separated by a 16-bit interval. 
Conversely, bits which are adjacent in the transmitted 
bit-stream are 44 bits apart in the frame structures, as 
shown in Figs. 6(a) and 6(b), except across frame 
boundaries. 

If bursts of bit errors occur in the received data 
stream then, provided that the error burst spans fifteen 
or fewer bits, only single bit errors will occur in the 
sound samples after de-interleaving. If these errors 
affect any of the six most significant bits of any sound 
sample, then parity checking allows them to be 
detected and concealed. Errors affecting the other bits 
are not detected (since these bits are not protected by 
the parity bits); but errors in these least significant bits 
are not subjectively annoying. 

The 44-bit X 16-bit interleaving scheme is 
especially convenient as it simplifies the memory 
management in any design of NICAM 728 decoders. 
As Fig. 7 shows, the 704 bits of the interleaved 
Sound/ Data block may be placed sequentially in a 
16 X 44 bit buffer memory in the order received, i.e. 

bit numbers 25, 69, 113, The de-interleaved sound 

data are then easily accessible, as the 44-bit 
'dimension' of the decoder's memory corresponds to 
exactly four of the 1 1-bit sound samples. 

2.2.4.6 Energy dispersal scrambling 

The transmitted bit-stream is scrambled for 
spectrum-shaping purposes. This ensures that the digital 
signal spectrum appears noise-like regardless of the 
programme signal being conveyed. This is desirable as 
it helps with compatibility by minimising the visibility 
of any patterning in the unlikely event of the digital 
signal interfering with the vision components of the 
television signals in the wanted or adjacent channels. 

The scrambling is performed synchronously 
with the frame structure by modulo-two addition 
of a pseudo-random binary sequence to the serial 
data stream (see Fig. 8). The generator polynomial 
is X + x" + 1, with an initialisation word of 
111111111, giving a sequence which starts 0000 
0111 1011 1110 0010. ScrambUng of the data is 
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Structure of a 728-bit frame after bit-interleaving 

is applied to the serial data. 
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performed after bit-interleaving, prior to modulation; 
conversely, at the receiver descrambling must be 
carried out before de-interleaving, in the decoder. The 
frame-alignment word is not scrambled, as it is used to 
synchronize the pseudo-random sequence generator 
used for descramWing in the receiver. 

The specified pseudo-random binary sequence 
is only 511 bits long, and the sequence generator is 
re-initialised on the first scrambled bit of each frame, 
i.e. the first bit after the frame-alignment word. Such a 
short sequence was adopted so as to simplify the 
design of decoders and facilitate quick acquisition of 
synchronization to the frame structure. In practice, the 
use of a relatively short sequence for scrambling has 
not been a disadvantage, and the signal spectrum is 
made sufficiently noise-like and independent of the 
audio programme content. 

2.3 Specification of the modulation 
parameters 

2.3.1 Frequency and level of the digitally- 
modulated carrier 

The digital sound signals are conveyed by 
means of an additional digitally-modulated carrier, 
which is located in the television signal channel above 



the existing monophonic FM sound carrier. The 
frequency of the new carrier depends on the television 
transmission system with which the NICAM 728 
system is to be used. When used with television 
System I, as in the UK, the new carrier is situated at 
6.552 MHz above the vision carrier; whereas in 
television Systems B, G and H the NICAM 728 signal 
is located 5.85 MHz above the vision carrier, (see 
Fig. 9). The level of the new digital carrier is set at 
20 dB below that of the peak vision carrier; and the 
modulation system used is Differentially-encoded 
Quadrature Phase Shift Keying, or DQPSK. 

The choice of intercarrier frequency spacing 
between the NICAM 728 signal and the vision carrier 
is, necessarily, a compromise: on the one hand, to 
avoid interference to, or from, the FM sound carrier 
of the wanted television channel; and on the other, to 
avoid interference to, or from, the lower vestigial 
sideband components of an unwanted vision signal in 
an upper adjacent channel. 

In System I television, with 8 MHz wide 
channels in the UHF bands, the intercarrier spacing 
was found not to be too critical. There was a suitable 
gap of approximately 700 kHz, between the existing 
FM monophonic sound carrier (at an intercarrier 
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Fig. 9 - Spectra of Systems I, B and G television signals with the NICAM digital sound signal added (diagrammatic): 

(a) System I. (b) System B. (c) System G. 



spacing of 6 MHz from the vision carrier) and the 
lower vestigial sideband of the upper adjacent channel, 
in which the NICAM 728 digital carrier could be 
located. Preliminary experimental work^' indicated 
that an intercarrier spacing of approximately 6.55 MHz 
was optimum. However, when an overall bit rate of 
728 kbit/s was adopted, it was decided to specify the 
intercarrier frequency spacing to be numerically equal 
to nine times the bit rate of the transmitted serial data, 
i.e. 6.552 MHz, as this could lead to some simplifica- 
tion in the design of System I receivers. 

Television Systems B, G and H are used in 
many countries throughout Europe and elsewhere in 
the world. System B television uses channels in the 
VHP frequency bands which are only 7 MHz wide. 
The vision signal has a lower vestigial sideband of 



0.75 MHz (compared with 1.25 MHz in System I) 
and the FM monophonic sound carrier is at an 
intercarrier frequency of only 5.5 MHz from the vision 
carrier (compared with 6.0 MHz in System I). 
Therefore, in System B, despite using a narrower 
channel spacing than System I, the smaller intercarrier 
spacing between the FM sound carrier and the vision 
carrier is compensated for by the narrower vestigial 
sideband on the picture signal. Hence, the spectral gap 
available in which the NICAM 728 signal can be 
accommodated is the same in System B as in 
System I. However, the intercarrier spacing is still 
more critical in System B because if the digital sound 
signal were to interfere with a vision signal in the 
upper adjacent channel, then the interfering signal 
would correspond to a lower spatial frequency 
component of the picture signal and, as such, would 
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be more visible and, hence, annoying. The specified 
value of 5.85 MHz for the intercarrier frequency of 
the digital sound carrier was selected after experimental 
work performed by broadcasters in the Nordic 
countries. The main problem was to avoid interference 
from the digital sound signal to a wanted picture 
signal in an upper adjacent channel. This is especially 
important in cable television systems, which are 
widely used in many areas within the Nordic 
countries, and which frequently use adjacent channel 
operation. This necessitated positioning the digital 
signal much closer to the wanted monophonic FM 
sound signal than in System I and, as a result, in order 
to prevent any interference either to, or from the 
digital signal, required narrower bandwidth data- 
shaping filtering at the transmitter and receiver 
(Section 2.3.2). In Systems B, G and H the spacing 
between the digital sound carrier and the FM mono 
sound carrier is only 63% of the corresponding spacing 
in television System I. For reasons of compatibility, 
the intercarrier spacing and data-shaping filtering for 
Systems G and H (which are essentially the same 

7 MHz wide System B television signal occupying an 

8 MHz wide channel in the UHF bands) are made the 
same as for System B, so as to avoid the need for 
switching filters and other circuitry in multi-standard 
Systems B, G and H receivers. With these modifica- 
tions, NICAM 728 can be used satisfactorily with the 
Systems B, G and H television transmission standards. 

The choice of signal level for the modulated 
digital sound carrier is a compromise between the con- 
flicting requirements of compatibility and ruggedness. 



If the level of the digital signal were set too high, then 
a compatibility problem would result because of the 
risk of interference to reception of the picture and/or 
mono FM sound signals on existing receivers tuned 
either to the channel bearing the digital signal, or to a 
transmission in the upper adjacent channel. If the level 
of the digital signal were set too low, then there would 
be a problem of ruggedness, with difficulties in 
receiving the digital signal at the extremities of the 
service area and in other places where reception is 
already difficult due to low field strength, adjacent- 
channel interference or multipath propagation. The 
level chosen for the modulated digital sound carrier, at 
20 dB below that of the peak vision carrier, was found 
to give the optimum balance between the conflicting 
constraints of compatibiHty and ruggedness. 

2.3.2 Specification of the digitally- 
modulated carrier 

Differentially-encoded Quadrature Phase Shift 
Keying (DQPSK) was chosen as the modulation 
system as it offered the best overall compromise 
between efficient use of the available spectrum space 
and the need for reliable, rugged reception with 
inexpensive domestic receivers. 

With DQPSK, which is a four-state phase 
modulation system, the phase transitions of the carrier 
signal between the four possible rest states, which are 
90 degrees apart, are used to signal pairs of bits (called 
'symbols') of the serial data bit stream (Figs. 10(a) and 
10(b)). In the receiver the transmitted data may be 
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Fig. 10 - Diagrammatic representation of the DQPSK carrier, 
(a) Rest slates of carrier phase 90° apart (b) The transmitted phase-changes and rest states of carrier phase 

for the input bit-pair sequence 00, 10, 11, 01. 
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unambiguously recovered by determining the phase- 
changes between one symbol and the next, without the 
need to transmit a phase reference carrier signal. 

In the System I (8 MHz channel) version of 
the NICAM 728 specification, the overall data-shaping 
filtering (transmitter and receiver filtering combined) is 
achieved using a 100% cosine roll-off response. The 
filtering is intended to be split equally between the 
transmitter and the receiver. This filtering can be 
performed either on the modulated DQPSK carrier 
signal; or, to the two baseband symbol-rate 
(l/ts = 364 kHz) data streams, in the form of 
impulses, which then modulate the two quadrature 
phase components of the DQPSK carrier signal. 
Hence, the amplitude/frequency response of the low- 
pass data-shaping filtering applied to the baseband 
symbol-rate data, at both the transmitter and the 
receiver, is specified as: 



relative amplitude 
I 



H(f) 



= cos 



["-¥] -/- f 



for/> — 



where ts = ms 

364 



In Systems B, G and H, where narrower data-shaping 
filtering is needed to accommodate the 728 kbit/s 
signal within the restricted bandwidth available in 
System B, a 40% cosine roll-off response is used. The 
amplitude/frequency response of the low-pass filter 
applied to the symbol-rate baseband impulse data for 
both the transmit and receive filtering is defined as: 
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where, k = 0.4 



In both cases, it is intended that the filtering is 
distributed equally between both the transmitter and 
the receiver. Fig. 11 shows amplitude/frequency 



100% cosine roll-off 
(System I)' 

40% cosine roll-off 
(System B and G)" 
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frequency, kHz 

Fig. II - Spectrum-shaping filtering for the modulated 

NICAM 728 carrier signal when used in television System I 

and Systems B/G. 

responses for the 100% and 40% cosine roll-off 
spectrum-shaping applied to the modulated DQPSK 
carrier as used to transmit the digital sound signals in 
System I and Systems B, G and H, respectively. 

A 1(X)% cosine roll-off response was chosen for 
System I because it restricts the overall bandwidth 
occupied by the digital signal to approximately 
700 kHz (measured at the —30 dB points); the 
matching filter in the receiver is relatively easy to 
implement, which is an important consideration for 
domestic equipment; and it yields a wide demodulated 
data 'eye'* which is tolerant of errors in the timing of 
the sampling clock in the decoder. This spectrum- 
shaping is also less sensitive to errors in the overall 
amplitude/frequency and group-delay /fi-equency character- 
istics of the transmission system. 

Some of the benefits achieved in System I by 
using the 100% cosine roll-off response, are reduced 
when the constraints of fitting the NICAM 728 signal 
within the channel spacing of 
television Systems B, G and H, 
without problems of interference, 
dictate that a 40% cosine roll-off 
response is used. Here the require- 
ment is to reduce the overall 
bandwidth of the transmitted 
digital signal to approximately 
5()0 kHz. This allows an inter- 
carrier spacing of only 5.85 MHz 
to be used for the digital carrier 
in Systems B, G and H (as 
3^4 - opposed to the spacing of 

6.552 MHz adopted in System I) 
without giving rise to interference to the mono FM 
sound carrier at 5.0 MHz intercarrier spacing. There- 
fore, in Systems B, G and H, the spacing of the digital 
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The term eye' is used to describe the pattern produced when the demodulated data signal waveform is displayed on an oscilloscope which has its 
time-base locked to the symbol-rate clock. The vertical height of the eye at the sampling instant indicates the margin available against errors 
arising due to impairment by any added noise component; the horizontal width of the eye indicates the margin available in errors in the timing of 
the recovered sampling clock. 
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sound signal from the FM sound signal is only 63% of 
the corresponding spacing in System I. As Figs. 12( a) 
and 12(b) show, the use of this more restrictive 
filtering results in a demodulated data eye which is 
inherently less well defined than the corresponding eye 
for the 100% cosine roll-off. The width of the 40% 
cosine roll-off data eye is smaller, although under ideal 
conditions the eye-height at the optimum data 
sampling point is still 100%. The eye has more signal 
overshoots and there is a greater spread of zero- 
crossing points for the demodulated data waveform. 
As a result, when used with 40% cosine roll-off 
filtering in television Systenois B, G and H, the 
NICAM 728 system is less tolerant of any sample 
timing errors occurring within the DQPSK 
demodulator/decoder in the receiver, than when it is 
used with 100% cosine roll-off filtering in television 
System I. Consequently, in the receiver, accurate data- 
clock recovery is necessary in order to determine the 
optimum timing to sample the demodulated waveform, 
and hence recover the received data. Compared with a 
100% cosine roll-off response, use of 40% cosine roll- 
off filtering results in less tolerance of signal 
degradation due to impairments introduced during 
transmission and reception, such as multipath 
reception, low field-strength reception, noise, and 
d^adation of the overall ampUtude/frequency and 
group-delay/frequency responses. However, in practice, 
these are only marginal penalties for using the 40% 
cosine roll-off and have not given rise to any 
significant problems. For the normal range of domestic 
reception conditions, likely to be encountered within 
the planned service area of the transmitter, the 
performance is entirely satisfactory. Furthermore, 



although the data-shaping filter for a 40% cosine roll- 
off response is slightly more difiScult to implement, this 
has not been a significant problem and receiver 
manufacturers have produced suitable circuits for use 
in domestic NICAM 728 receivers designed for 
television Systems B, G and H. 

The processes of differential encoding, data 
signal spectrum-shaping, and quadrature modulation, 
as performed at the transmitter, are shown schematic- 
ally in block diagram form in Fig. 13. The incoming 
coded 728 kbit/s serial bit stream is first converted to 
two-bit parallel symbol data at a rate of 364 kbit/s, 
which independently modulate the two quadrature 
phase components, I and Q, of the NICAM 728 
carrier signal. This symbol data is then differentially 
encoded, so as to determine the appropriate change in 
phase of the carrier signal needed to convey each 
bit-pair. After applying the appropriate data-shaping 
filtering to the I and Q channel symbol data, at 
baseband, the encoded data modulates the two 
quadrature phase components of the carrier, using 
suppressed-carrier amplitude modulation. Filtering the 
encoded symbol data at baseband and using 
suppressed-carrier amplitude modulation on each 
quadrature component of the carrier signal is directly 
equivalent to phase modulation of each quadrature 
component of the carrier signal by rectangular ('box- 
car') symbol-rate data signals and subsequently 
filtering each modulated quadrature component. 
Finally the two phase modulated quadrature 
components of the carrier are combined, by linear 
addition, to produce the overall DQPSK modulated 
signal. 




Fig. 12 - Demodulated data eye saveforms: 
(a) System I using 100% cosine roU-qff data-shaping filtering. (b) Systems B. G and H using 40% cosine roU-off data-shaping filtering. 
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Figs. 14(a) and 14(b) show the spectra for 
television signals in System I and Systems B, G and H 
with the NICAM 728 digital sound signal present. 

2.3.3 Performance under impaired reception 
conditions — iow field strengtii 

When the received NICAM 728 signal is 
impaired due to low field strength reception conditions, 
the resulting bit error ratio can be calculated from the 
carrier-to-noise ratio at the input to the digital 
demodulator using the standard result for a DQPSK 
signal received in the presence of Gaussian white 
noise'", as follows: 

The probability, pt, of a bit error occurring for 
coherently demodulated QPSK, without differential 
encoding and decoding is given by: 



Pt = — erfc 



where 



and 



/»« = 



erfc 



(f) 



erfc 



_ 2 r° 



dz for z > 



Where E\> is the average energy per bit 
(joules), ^o is the power density of the noise (watts 
per Hz), C is the average modulated carrier power 
(watts), and iV^ is the noise power (watts) measured in 
a bandwidth numerically equal to the bit rate. It 



should be noted that the noise bandwidth of an ideal 
demodulator for this system is numerically equal to 
half the bit rate; a noise bandwidth of twice that is 
used here, however, in accordance with accepted 
convention. 

Allowing for the differential decoding needed 
for DQPSK, where any error in the demodulated 
symbol data results in pairs of bit errors, the 
probability of a bit error occurring, pt, becomes: 

Pe' = 2/»e(l-/»c) 

The theoretical relationship between bit error 
ratio and carrier-to-noise ratio is shown in Fig. 15, 
where it is compared with the measured performance 
of an experimental demodulator. This illustrates the 
characteristically rapid Mure of such digital systems 
when impaired by noise. For example, the bit error 
ratio deteriorates from a value of 1 in 10*, which 
would produce virtually unimpaired sound quality, to 
a value of 1 in 10^, which would be unusable, over a 
narrow range of carrier-to-noise ratio of approximately 
4dB. 

The relationships between the carrier-to-noise 
ratio of the digital signal and other parameters of the 
received signal, such as the signal level delivered to the 
anterma input of the receiver, or picture signal-to-noise 
ratio, are difficult to define because many contributory 
factors must be taken into account, e.g. the noise 
figure of the receiver. For example, a BBC expri- 
mental receiver gave a bit error ratio of 1 in 10 for 
an antenna input signal voltage of SO juV r.m.s., as 
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Fig. 14 - Signal spectra of System I and Systems B/G with NICAM 728 signal added- 
(a) System L (b) Systems B/G. 
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Fig. 15 - Relationship between bit-error ratio 

and carrier-to-noise ratio of the DQPSK 

NICAM 728 signal 
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carrier-to-noise ratio, dB 
measured in o bandwidth numerically equal 

bit -rate 

measured at the peak of the television waveform Une 
synchronizing pulses. The picture signal-to-r.m.s. un- 
weighted noise ratio for this input voltage was approxi- 
mately 19 dB, which corresponds to a very poor 
picture quality. In theory, with an ideal receiver, the 
same bit error ratio would be achieved with a receiver 
input signal approximately 6 dB lower. However, in 
practice, factors such as incidental carrier phase 
modulation, amplitude/frequency and/or group-delay/ 
frequency responses can all degrade the performance 
of the system with a resultant loss of noise-margin. 

2.3.4 Performance under impaired reception 
conditions — multipatli reception 

With multipath reception the received signal 
comprises several components: a main signal which 
arrives at the antenna via a direct path from the 
transmitter; and one, or more, echo signals that arrive 
via indirect paths, having undergone several reflections 
en route to the antenna. The performance of the 
digital system under conditions of multipath reception 
is critically dependent upon the precise time-delay and 
amplitude of the unwanted echo signals relative to the 



16 18 
to the 

wanted direct-path signal. However, typically, a single 
echo delayed by about 10 us and of up to 30% of the 
amplitude of the direct signal can be tolerated without 
serious degradation of the performance of the digital 
signal. A theoretical analysis of the performance of the 
DQPSK modulation system under multipath reception 
conditions is given in*". Field tests of the NICAM 728 
system undertaken in Wales, in 1983, along the chain 
of five relay transmitters fed from the main UHF 
Transmitting Station at Wenvoe near Cardiff, proved 
the ruggedness of the digital system under adverse 
multipath conditions^'. In this respect, NICAM 728 is 
significantly more robust than teletext. 

3. TESTS OF THE SYSTEM IN THE UK 

In the UK, extensive tests of the NICAM 728 
system, both in the laboratory and over-air, have 
proved its reliabihty: its ruggedness against impaired 
reception due to low field strength, multipath 
propagation, and ignition interference or any combina- 
tion of these impairments"- ^^ and its compatibility 
with the existing System I television transmissions^. 
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The question of compatibility was proved by a 
series of test transmissions, broadcast after normal 
programme hours, which were performed in 1984 
from the BBC UHF television transmitters at Crystal 
Palace, which serve London and much of the South- 
East of England. During these tests, members of BBC 
staff were invited to look for impairments to critical 
picture and monophonic sound material when the 
NICAM 728 signal was present, and to report their 
findings as part of a questionnaire. The results 
confirmed that when the additional digital signal is 
transmitted, viewers with existing television receivers, 
which are not designed for the NICAM 728 system, 
will continue to receive satisfactory pictures and 
monophonic sound. No additional impairments, such 
as patterning on the picture or unwanted noise on the 
FM sound, result from the introduction of the new 
digital sound signal. Viewers will, of course, need to 
obtain new equipment in order to receive NICAM 728 
digital two-channel sound. 

The ruggedness of the system was proved 
during a series of tests from the BBC transmitters at 
Wenvoe in Wales", where the digital signal was 
satisfactorily received at the end of a long chain of five 
relay stations, despite impairments to the digital signal 
resulting from transmission problems, such as severe 
multipath propagation along the chain. 

The BBC has broadcast experimental 
NICAM 728 signals from a number of its transmitters, 
in order to provide over-air test signals in various parts 
of the United Kingdom and investigate how best to 
introduce the system within the existing UHF 
transmission network. In addition to Crystal Palace 
and Wenvoe, the digital sound signals have been 
radiated on a temporary experimental basis on 
different occasions from the BBC UHF transmitting 
stations at Sutton Coldfield, Winter Hill, Emley Moor, 
Rowridge, Hannington, Heathfield and Bluebell Hill. 
These tests have given much valuable experience of 
introducing the digital signal at a wide variety of 
different types of transmitter. 

Overall, these tests have confirmed that the 
NICAM 728 signals can be introduced without 
causing any adverse effects to normal reception on 
existing receivers; and have shown that reception of 
the digital sound signals will be reliable wherever the 
received colour picture is usable. The NICAM 728 
system consistently offers the high quality expected 
from digital audio signals anywhere in the service area 
of the transmitter. Viewers served by the remotest of 
relay stations will get the same audio quality as those 
situated in the service area of a main transmitter. 

Since 18th July 1986, when the first pro- 
gramme ('The First Night of the Proms', part of the 



1986 Series of Henry Wood Promenade Concerts 
from the Royal Albert Hall, London), was broadcast 
with digital stereo sound, signals conforming to the 
System I specification for the NICAM 728 digital 
system have been broadcast continuously, on an 
experimental basis, from the BBC UHF television 
transmitters at Crystal Palace. These transmitters serve 
approximately 12 million people, or 22% of the UK 
population, living in London and South-East England. 
The digital signal has been available from both the 
BBC 1 and BBC 2 transmitters, since spring 1987. 
Whenever a scheduled network programme has stereo 
sound related to the picture available, the stereo sound 
is transmitted on the digital signal. At present 
(September 1990), this amounts to approximately 
twenty programmes per week and, since the start of 
these experimental transmissions, well over two 
thousand programmes have been broadcast with 
picture related digital stereo sound. Whenever stereo 
sound related to the picture is unavailable, the digital 
stereo sound signals comprise the normal monophonic 
programme sound, which is carried equally by both A 
and B sound channels of the NICAM 728 signal in 
the stereo frame format. These transmissions have 
helped receiver manufacturers to develop and market 
NICAM 728 receivers by providing over-air test 
signals; they have provided BBC staff with operational 
experience of the system in readiness for the start of a 
public service, which will cover at least 70% of the 
UK population, in the autumn of 1991; and have 
given further confidence in the compatibility and 
ruggedness of the system. Members of the public Uving 
in the service area of the Crystal Palace transmitters, 
or one of the dependent relay stations, who have 
already purchased a television receiver or video 
cassette recorder equipped with a NICAM 728 
decoder, have had an early opportunity to enjoy the 
benefits of digital stereo sound with television from 
these experimental transmissions. The response to the 
NICAM 728 system has been extremely favourable 
and has generated much interest from the public. 

In March 1989, the Independent Broadcasting 
Authority (IBA)* started broadcasting experimental 
test transmissions of NICAM 728 digital sound from 
their transmitters at both Crystal Palace (Thames 
Television/London Weekend Television and Channel 
4) and Emley Moor in Yorkshire (Yorkshire Television 
and Channel 4) and their dependent relay stations. 
Whenever a stereo soundtrack has been unavailable, 
the test transmissions comprised either digitally- 
sourced music unrelated to vision, audio test signals 
and announcements, or normal monophonic picture- 
related programme sound. A limited public service 
started in these two Independent Television (ITV) 
regions in September 1989, and by September 1990 

* From 1st January 1991 the IBA will become National 
Transcommunications. 
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NICAM 728 sound signals were being transmitted 
from thirteen of the main transmitters in the IBA's 
UHF transmission network. The IBA aim to provide a 
nationwide service, covering almost 80% of the UK 
population, by the end of 1990. 

Laboratory tests have also been made of the 
NICAM 728 system operating in the environment of 
wideband System I cable systems. These tests, per- 
formed jointly with UK cable operators, have given 
encouraging results. They indicate that, with some 
additional processing at the head-end of the cable 
system, it should be possible to convey the digital 
sound signals on the cable network compatibly, and 
allow users of the network to satisfactorily receive and 
decode the digital signals. 



4. INTERNATIONAL INTEREST AND 
TESTS 

The NICAM 728 system has aroused con- 
siderable international interest throughout the world. 

Hong Kong, which uses the same System I 
television standard as the UK, has a long-standing 
requirement for a dual-language television sound 
system, in order to broadcast in both English and 
Cantonese. Broadcasters there have successfully carried 
out extensive tests with the system, using equipment 
loaned to them by the BBC^^- ^^. Despite the adverse 
propagation conditions, mainly due to mountains and 
tall buildings, these tests have given encouraging 
results, which have given further confidence in the 
ruggedness and compatibility of the digital system. As 
a result, broadcasters in Hong Kong are planning to 
start a service as soon as possible. 

Broadcasters in the Nordic countries have, as 
described above, successfully adapted the NICAM 728 
system to work in the restricted 7 MHz channel 
spacing of System B television, including cable systems. 
This required only minimal changes from the System I 
version: a reduction of the intercarrier frequency 
spacing to 5.85 MHz; and narrower bandwidth (40% 
cosine roll-off) data-shaping filtering. As a result, and 
after broadcasters in Sweden and Finland had 
performed their own extensive tests of the modified 
system using equipment loaned to them by the BBC, 
all the Nordic countries have agreed to adopt the 
NICAM 728 system. 

Sweden, where NICAM 728 is used pre- 
dominantly for stereo broadcasts, started a regular 
service in November 1988 and aims to achieve full 
coverage of their two terrestrial networks by the end 
of 1992. By May 1989, 40% of the population of 
Sweden were able to receive the digital stereo sound 



signals, and an estimated 60,000 NICAM 728 receivers 
(television sets and video cassette recorders) had been 
sold. There have been no problems regarding the 
compatibility and ruggedness of the system. In excess 
of 25% of the programmes are already broadcast with 
stereo sound, with the aim of achieving 100% stereo 
programming (excluding news) within two to three 
years. 

Finland, where the system is used mainly for 
dual-language broadcasts (Finnish and Swedish), 
started a public service on the first of their two 
networks in January 1988. 

Denmark launched its NICAM 728 service in 
October 1988, and more than 50,000 NICAM 728 
receivers are already in public use. Very few minor 
problems have been experienced in terms of 
compatibility and ruggedness; the few that arose were 
due mainly to multipath reception and incompatibility 
with a very small number of older receivers designed 
for the German IRT (Institute fur Rundfunktechnik) 
'A2' two-carrier analogue two channel sound system 
which had been sold there prior to the adoption of the 
NICAM 728 system. The digital system is being used 
successfully on the numerous Community Antenna 
Television (CATV) distribution systems in operation in 
Denmark without any problems, such as upper 
adjacent channel interference, being reported. Approxi- 
mately 60% of Denmark's population of two million 
receive their television signals via CATV systems. 

Norway is preparing to introduce NICAM 728 
broadcasts in the near-future. 

Broadcasters in New Zealand, which is another 
country using television Systems B/G, performed 
independent tests of the NICAM 728 system and, as a 
result of the success of these tests, announced their 
decision to adopt the system. Television New Zealand 
(TVNZ) started a public service in September 1989. 

Tests conducted in Spain, with assistance from 
the BBC, during 1988, where at least 50% of the 
population receive their System B/G television signals 
via CATV distribution systems, proved that the 
NICAM 728 system will work reliably in such an 
environment. As a result of the success of these tests, 
the broadcasters in Spain, RTVE, have decided to 
adopt NICAM 728. 

Broadcasters in Belgium are already using 
NICAM 728. Yugoslavia, India and Singapore which 
use television Systems B/G and the PAL system; and 
Hungary which uses television Systems D/K with 
SECAM, are amongst the many countries which are 
currently expressing interest in the NICAM 728 
system. Over-air field-trials are planned for Yugoslavia 
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and will be conducted in Belgrade. The results of 
preliminary laboratory work carried out by the BBC 
suggest that, if it is acceptable to reduce the bandwidth 
of the vision signal used in Systems D/K* (Hungary 
and China) and System Lf (France), from 6 MHz to 
5.5 MHz, then the NICAM 728 signal could be 
introduced, without significant compatibility problems, 
at approximately 6 MHz spacing from the vision 
carrier, preferably at 5.85 MHz for commonality with 
Systems B, G and H. This would locate the digital 
sound signal above the top end of the vision signal 
frequency range, but below the existing carrier for the 
monophonic analogue sound signal at 6.5 MHz, as 
used in these television systems. It is believed that tests 
using this arrangement for Systems D/K SECAM in 
Hungary are planned to take place in the near future. 

Several broadcasting organisations are con- 
sidering using NICAM 728 with PAL television 
transmissions on direct broadcasting by satellite (DBS) 
services. 

It is understood that some cable networks in 
West Germany, where the rival A2 two-carrier dual- 
channel analogue FM sound system was developed by 
the Institute fur Rundfunktechnik (IRT) and is in 
service on terrestrial transmissions, may be considering 
the use of the digital system for distribution to 
subscribers on these networks. 

With a suitable choice of intercarrier spacing 
for the digital carrier, it may well be possible to use 
the NICAM 728 system with television Systems D/K, 
as used with PAL in China and SECAM in Hungary, 
and with Systems M/N in North America. Tests of 
compatibility and ruggedness would, however, need to 
be performed by the appropriate regulatory authorities 
in the countries concerned, in order to establish this. 



a publicised service from either the BBC or IBA, sales 
to the public have been growing steadily, especially in 
those regions where the experimental transmissions are 
already available. By January 1990, it was estimated 
that well in excess of 250,000 NICAM 728 receivers 
(television sets and VCRs) had been sold in the United 
Kingdom, alone. 

Several major international integrated circuit 
manufacturers have developed very large scale integra- 
ted (VLSI) circuit NICAM 728 decoders and DQPSK 
demodulators which are being used in the current 
generation of NICAM 728 receivers now on sale, or 
currently under development. However, second genera- 
tion devices, which will combine two or more of the 
functions of the DQPSK demodulator, the 
NICAM 728 decoder, and dual digital-to-analogue 
converters with, or without, digital oversampling 
output filters, are already being developed. Taking a 
modulated carrier signal at 6.552 MHz or 5.85 MHz 
as their input signal, these devices will produce two 
analogue audio output channels, along with any 
necessary external logic control signals. Such a 
reduction in the number of integrated circuits required 
to equip a receiver for NICAM 728 should signi- 
ficantly reduce the incremental cost of adding 
NICAM 728 to receivers and VCRs. 

Professional NICAM 728 equipment, for coding 
and modulation as well as demodulation and 
decoding, suitable for use by both broadcasters and by 
receiver manufacturers for developing and testing 
receivers, are now available from at least five major 
manufacturers of such equipment. 



6. CONCLUSIONS AND FUTURE 
DEVELOPMENTS 



5. NICAM 728 EQUIPMENT 

The majority of manufacturers of domestic 
television receivers and video cassette recorders 
(VCRs) have developed, demonstrated and are 
marketing television receivers and VCRs capable of 
receiving and decoding the NICAM 728 signals. 
Products are widely available for both the UK 
(System I) and European (Systems B/G) markets. The 
first consumer product containing a NICAM 728 
decoder, a VHS VCR, was launched in the UK in 
December 1987. Despite the absence, until recendy, of 



A digital system to convey two high-quality 
digitally-coded sound signals with signals of the 
existing terrestrial UHF television System I has been 
developed by the BBC, and its specification approved 
by the UK Government. This system, now known as 
NICAM 728, has been adapted by broadcasters in the 
Nordic countries for use in television Systems B, G 
and H. Considerable international interest is being 
shown in the system. The European Broadcasting 
Union (EBU) recommends that those members using 
television transmission Systems B, G and H, planning 
to introduce digital two-channel sound with terrestrial 
television should base their choice on this system, and 



In television Systems D/K, used in the VHF and UHF bands respectively, the channel spacing is 8 MHz. The video bandwidth is 6 MHz, and the 
vision carrier is amplitude modulated and has a vestigial sideband of 0.75 MHz. The monophonic analogue sound carrier uses frequency 
modulation and is located at 6.5 MHz above the vision carrier at a level of -10 dB relative to the peak vision signal. 

In television System L the channel spacing is 8 MHz, with a video bandwidth of 6 MHz, using amplitude modulation of the vision carrier with a 
lower vestigial sideband of 1.25 MHz. A monophonic sound carrier using amplitude modulation is located a 6.5 MHz above the vision carrier, at a 
level of —10 dB relative to the peak vision signal 
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a similar recommendation has been drafted by the 
CCIR. Broadcasters in Hong Kong, Spain, New 
Zealand and Belgium, as well as all the Nordic 
countries, have adopted the system and have started, 
or are preparing to start, public services. 

The BBC has undertaken to provide a 
terrestrial digital stereo sound service, initially covering 
approximately 70% of the UK population, by autumn 
1991, and work is under way to install the 
infrastructure necessary to achieve this. The BBC is 
already in the process of making its programme 
distribution and transmitter networks capable of 
conveying and broadcasting digital stereo sound 
signals. A 728 kbit/s dual-channel sound-in-syncs 
(728 2CH-SIS) system, using the same baseband 
coding specification as the NICAM 728 transmission 
standard will be installed for point-to-point distribution 
of the digital stereo sound signals, from production 
centres to transmitters. As transmitters are refurbished 
as part of the planned programme of replacing ageing 
equipment, they are being made capable of transmitting 
the NICAM 728 digital signals. The majority of BBC 
Network Television main production studios are 
already equipped for stereo production, and video 
tape, telecine and signal switching/distribution equip- 
ment is also being prepared for stereo operation. Until 
the start of a public service by the BBC, in 1991, the 
regular experimental digital stereo broadcasts from the 
BBC 1 and BBC 2 transmitters at Crystal Palace in 
London are continuing, and at present approximately 
twenty programmes per week are transmitted with 
digital stereo sound related to the picture. 

The IBA, on behalf of the Independent 
Television (ITV) companies, started a publicised 
NICAM 728 digital stereo sound service in the 
London (Thames/London Weekend Television) and 
Yorkshire Television (YTV) regions in September 
1989, on both the ITV and Channel 4 networks. It is 
expected that a service, reaching almost 80% of the 
UK population, will be available from the IBA by the 
end of 1990. 

Detailed discussions have been held with many 
television receiver and video cassette recorder (VCR) 
manufacturers concerning implementation of the 
NICAM 728 system in domestic receivers. Most 
manufacturers have, by now, developed and are 
marketing 'top-of-the-range' television receivers and 
VCRs capable of receiving the digital two-channel 
sound signals. These are on sale in the UK and the 
Nordic countries. 

The current NICAM 728 specification allows 
for future development of the system through the use 
of the C3 control-bit (C3 — 1). This could include the 
introduction of new options and features, such as a 



conditional access (CA) version of NICAM 728, or 
the facihty to broadcast up to 4 channels of 'medium 
quality', half-bandwidth (7 kHz) audio whilst retaining 
the same overall bit rate of 728 kbit/s. 
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